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DETAILED ACTION 

Continued Examination Under 37 CFR 1.114 

1 . A request for continued examination under 37 CFR 1.114, including the fee set 
forth in 37 CFR 1.17(e), was filed in this application after final rejection. Since this 
application is eligible for continued examination under 37 CFR 1.114, and the fee set 
forth in 37 CFR 1 .17(e) has been timely paid, the finality of the previous Office action 
has been withdrawn pursuant to 37 CFR 1.114. Applicant's submission filed on 
December 1 1 , 2009 has been entered. Claims 1 - 20 are currently pending and 
considered below. 



Claim Rejections - 35 USC §112 

2. The following is a quotation of the first paragraph of 35 U.S.C. 112: 

The specification shall contain a written description of the invention, and of the manner and process of 
making and using it, in such full, clear, concise, and exact terms as to enable any person skilled in the 
art to which it pertains, or with which it is most nearly connected, to make and use the same and shall 
set forth the best mode contemplated by the inventor of carrying out his invention. 

3. Claims 1 - 20 are rejected under 35 U.S.C. 112, first paragraph, as failing to 
comply with the written description requirement. The claim(s) contains subject matter 
which was not described in the specification in such a way as to reasonably convey to 
one skilled in the relevant art that the inventor(s), at the time the application was filed, 
had possession of the claimed invention. Applicant states on page 9 of the Remarks 
that support for the amendment is found in paragraph [0086], however while paragraph 
[0086] has support for adjusting a variable high pass filter it does not state "the audio 
signal at the second point in the sound field is suppressed relative to the frequency 
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response to the audio signal at the first point in the sound field". Therefore, since 
support is lacking for "suppressing" appropriate clarification and correction is required. 

Claim Rejections - 35 USC § 103 

4. The following is a quotation of 35 U.S.C. 1 03(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set 
forth in section 102 of this title, if the differences between the subject matter sought to be patented and 
the prior art are such that the subject matter as a whole would have been obvious at the time the 
invention was made to a person having ordinary skill in the art to which said subject matter pertains. 
Patentability shall not be negatived by the manner in which the invention was made. 

5. Claims 1 - 4 and 1 0 - 1 3 are rejected under 35 U.S.C. 1 03(a) as being 
unpatentable over Bienek et al. (WO 02/078388 A2), hereinafter Bienek , in view of 
North (US 6,801 ,631 ), hereinafter North , and in further view of Kunugi et al. (US 
4,868,878), hereinafter Kunugi . 

Claim 1: Bienek discloses an audio signal processing method (method and apparatus 
to create a sound field) comprising the steps of: supplying an audio signal (input signal 
1 01 ) to each of a plurality of digital filters (means 1 506 includes signal delay means 
1508, amplitude control means 1510, and adjustable digital filter 1512); respectively 
supplying outputs from the plurality of digital filters to a plurality of speakers arranged in 
a speaker array to form a sound field (Description of Figure 6, Pages 18-19); setting a 
predetermined delay time in each of the plurality of digital filters so that transmission 
delay times with which the audio signal arrives at a first point in the sound field via each 
of the plurality of digital filters and each of the plurality of speakers will coincide with 
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each other (Third Sound Field, Pages 21 -22 and Figure 7C and Figure 8); and 
adjusting at least one amplitude characteristic of the plurality of digital filters ("The 
amplitude control means (ACM) is conveniently implemented as digital amplitude 
control means for the purposes of gross beam shape modification," Page 12 Line 25 - 
Page 13 Line 6). 

Bienek does not explicitly state the amplitude control means is adjusted such that 
the frequency response to the audio signal at a second point in the sound field is lower 
than the frequency response to the audio signal at the first point in the sound field. 
Bienek does explain, "The amplitude control means is preferably arranged to apply 
differing amplitude control to each signal output from the Distributor so as to counteract 
for the fact that the DPAA is of finite size by using a window function," Page 12 Line 25 

- Page 13 Line 6 and Figures 1 1A - 1 1 D, "The window function reduces the effects of 
"side lobes" at the expense of power. The type of window function used is chosen 
dependent on the qualities required of the resultant beam. Thus, if beam directivity is 
important, a window function as is shown in Figure 1 1 A should be used. If less 
directivity is important, a window function as is shown in Figure 1 1 D can be used," Page 
26 Lines 20 - 25, "Thus, in general, output signals destined for SETs near the centre of 
the array will not be significantly affected but those near to the perimeter of the array will 
be attenuated according to how near to the edge of the array they are," Page 12 Line 25 

- Page 13 Line 6. 

Again, while not explicitly stated by Bienek , North discloses a similar speaker 
system with multiple transducers positioned in a plane for optimum acoustic radiation 



Application/Control Number: 10/533,612 Page 5 

Art Unit: 2614 

pattern and illustrates in Figures 20 - 23 that the frequency response to the audio signal 
at a second point in the sound field (off-axis) is lower than the frequency response to 
the audio signal at the first point in the sound field (on-axis). North explains 
"conventional arrays direct a portion of their sound towards the listener (main lobe) and 
a portion of their sound towards the sides (side lobes). When placed in a room, the 
sound waves in the side lobes reflect from surfaces such as walls, the ceiling, and the 
floor (room reflections). The reflected sound waves interact either constructively or 
destructively, depending on the delay time and frequency, with the direct sound waves. 
The listener is presented with a sound field that is a combination of the direct sound 
from the main lobe and the reflected and delayed sound from the side lobes. Although 
the speaker system may have exhibited a flat frequency response in an anechoic 
chamber, the frequency response in the room at the listener is anything but flat, with 
pronounced variations in the response. The result is the listener hears a severely 
distorted sound field that bears little resemblance to the original event," Column 2 Lines 
22 - 52. North further illustrates on-axis and off-axis frequency response "waterfall" 
plots for different speaker arrays (Figures 20 - 23). North explains, "A waterfall plot 
illustrates the sound dispersion characteristics of a speaker system by cascading the 
multiple frequency response curves of a speaker system taken at multiple angles. The 
waterfall plots of FIGS. 20 through 23 represent 10 frequency response measurements 
taken in 10-degree increments from 0 degrees (on-axis) to 90 degrees off-axis. The 
measurement curves cascade diagonally on top of one another, starting with the 0- 
degree on-axis curve (the rearmost curve) and ending with the 90-degree off-axis curve 



Application/Control Number: 10/533,612 Page 6 

Art Unit: 2614 

(the curve at the front), Column 6 Lines 34 - 44. North further explains, "with less 
energy directed towards the room walls, floor, and ceiling, the intensity of the room 
reflections decreases. This decreases the level of sounds that echoes within the room. 
A decreased level of room reflections can also result in a flatter frequency response in a 
room as the attenuated reflected waves interfere less with the sound waves in the main 
lobe," Column 7 Lines 32 - 45. 

Thus in all cases, North illustrates (Figures 20 - 23) that the frequency response 
to the audio signal at a second point in the sound field (off-axis) is lower than the 
frequency response to the audio signal at the first point in the sound field (on-axis), 
especially Figure 22, where North illustrates that a significant reduction to off-axis sound 
energy due to increased directivity results "in a flatter frequency response in a room as 
the attenuated reflected waves interfere less with the sound waves in the main lobe," 
Column 7 Lines 32-45. 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time of the invention given the teachings of North to utilize the reduction in the effects of 
"side lobes" by using the amplitude control means by applying a window function to the 
audio signal as disclosed by Bienek to achieve a frequency response to the audio signal 
at a second point in the sound field (off-axis) that is lower than the frequency response 
to the audio signal at the first point in the sound field (on-axis) since it is beneficial to 
have a significant reduction to off-axis sound energy due to increased directivity given it 
results "in a flatter frequency response in a room as the attenuated reflected waves 
interfere less with the sound waves in the main lobe," North Column 7 Lines 32 - 45. 
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Bienek and North further do not disclose adjusting a variable high pass filter to 
filter the audio signal such that the frequency response to the audio signal at the second 
point in the sound field is suppressed relative to the frequency response to the audio 
signal at the first point in the sound field. However, in line with the teachings of Bienek 
and North of "reducing the effects of "side lobes"," Bienek Page 26 Lines 20 - 25, and 
having "a flatter frequency response in a room as the attenuated reflected waves 
interfere less with the sound waves in the main lobe," North Column 7 Lines 32 - 45, 
Kunuqi teaches another method that does more than just reduce "side lobes" it 
eliminates the unintended sound waves at the listening point in the sound field while 
compensating for sound waves of insufficient low frequency level. Kunuqi explains, "As 
is apparent from the above description, in the sound field correcting system according to 
this embodiment of the invention, a signal obtained by varying the frequency 
characteristic of the original signal so that the reflected sound waves are eliminated at 
the listening point is added to the original signal to obtain the loudspeaker driving signal. 
Therefore, the frequency characteristic at the listening point can be made essentially 
flat. Furthermore, the system is simple both in the adjustment required and in its 
construction, and it can be manufactured at a relatively low cost," Kunuqi Column 7 
Lines 35 - 45. Kunuqi further improves upon the first embodiment and explains, "As is 
apparent from the above description, in accordance with the second embodiment of the 
invention, the reflected sound wave is cancelled by controlling the delay and the level of 
the original signal, and furthermore the HPF having the cutoff frequency fo is inserted in 
the original signals's delay and level controlling system to boost the low frequency level . 
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In this embodiment, the cutoff frequency fo of the HPF 2-9 is determined according to 
the sound field characteristic established by the direct sound L.sub.1 and the reflected 
sound path L 2 . However, in practice, the HPF 2-9 should be implemented with a 
variable resistor Ri, as shown in FIG. 1 1 , so that the cutoff frequency f 0 can be selected 
as required. In FIG. 1 1 , Ci designates a capacitor. According to the second 
embodiment of the invention, the HPF is used to change the frequency characteristic of 
the signal which is added to the original signal, and therefore sound waves at the 
listening point are remarkably improved in low frequency level. That is, sound waves of 
insufficient low frequency level are compensated for, with the result that the low 
frequency reproduction capability is substantially increased (Column 8 Lines 33 - 58). 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time of the invention to modify the circuit of Bienek and North , to eliminate the 
unintended sound components responsible for excess reverberation, poor channel 
separation, and irregular frequency characteristics as taught by Kunugj (Column 3 Lines 
16-31) and further include a variable high pass filter as taught by Kunugi , allowing for 
the low frequency response level of the audio signal at the listening point to be boosted 
relative to the reflected waves at the second point which are suppressed through 
cancellation, thus improving the frequency response at the listening point of Bienek and 
North . 



Claim 2: Bienek , North , and Kunugi disclose the audio signal processing method 
according to claim 1 , wherein a sound wave from the speaker array is caused to reach 
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at least one of the first and second points after it is reflected by a wall surface (Bienek 
Figure 8). 

Claim 3: Bienek , North , and Kunuqi disclose the audio signal processing method 
according to claim 1 , wherein when forming the first and second points in the sound 
field, a filter factor of each of the plurality of digital filters is determined by calculation 
and set for each of the plurality of digital filters ( Bienek Third Sound Field, Pages 21 - 
22 and Figure 7C). 

Claim 4: Bienek , North , and Kunuqi disclose the audio signal processing method 
according to claim 1 , wherein when forming the first and second points in the sound 
field, a filter factor of each of the plurality of digital filters is read from a data base and 
set for each of the plurality of digital filters (stored sets of delays (for the DDGs) and 
filter coefficients (for the ADFS) can be recalled, Bienek Page 14 Lines 26 and 27). 

Claim 10: Bienek discloses an audio signal processor (method and apparatus to create 
a sound field) comprising a plurality of digital filters (means 1506 includes signal delay 
means 1508, amplitude control means 1510, and adjustable digital filter 1512) each 
supplied with an audio signal (input signal 1 01 ), wherein each of the plurality of digital 
filters supplies an output signal to each of a plurality of speakers arranged in a speaker 
array to form a sound field (Description of Figure 6, Pages 18-19); each of the plurality 
of digital filters has a predetermined delay time so that transmission delay times with 
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which the audio signal arrives at a first point in the sound field via each of the plurality of 
digital filters and each of the plurality of speakers will coincide with each other (Third 
Sound Field, Pages 21 - 22 and Figure 7C and Figure 8); and adjusting at least one 
amplitude characteristic of the plurality of digital filters ("The amplitude control means 
(ACM) is conveniently implemented as digital amplitude control means for the purposes 
of gross beam shape modification," Page 12 Line 25 -Page 13 Line 6). 

Bienek does not explicitly state the amplitude control means is adjusted such that 
the frequency response to the audio signal at a second point in the sound field is lower 
than the frequency response to the audio signal at the first point in the sound field. 
Bienek does explain, "The amplitude control means is preferably arranged to apply 
differing amplitude control to each signal output from the Distributor so as to counteract 
for the fact that the DPAA is of finite size by using a window function," Page 12 Line 25 

- Page 13 Line 6 and Figures 1 1A - 1 1 D, "The window function reduces the effects of 
"side lobes" at the expense of power. The type of window function used is chosen 
dependent on the qualities required of the resultant beam. Thus, if beam directivity is 
important, a window function as is shown in Figure 1 1 A should be used. If less 
directivity is important, a window function as is shown in Figure 1 1 D can be used," Page 
26 Lines 20 - 25, "Thus, in general, output signals destined for SETs near the centre of 
the array will not be significantly affected but those near to the perimeter of the array will 
be attenuated according to how near to the edge of the array they are," Page 12 Line 25 

- Page 13 Line 6. 
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Again, while not explicitly stated by Bienek , North discloses a similar speaker 
system with multiple transducers positioned in a plane for optimum acoustic radiation 
pattern and illustrates in Figures 20 - 23 that the frequency response to the audio signal 
at a second point in the sound field (off-axis) is lower than the frequency response to 
the audio signal at the first point in the sound field (on-axis). North explains 
"conventional arrays direct a portion of their sound towards the listener (main lobe) and 
a portion of their sound towards the sides (side lobes). When placed in a room, the 
sound waves in the side lobes reflect from surfaces such as walls, the ceiling, and the 
floor (room reflections). The reflected sound waves interact either constructively or 
destructively, depending on the delay time and frequency, with the direct sound waves. 
The listener is presented with a sound field that is a combination of the direct sound 
from the main lobe and the reflected and delayed sound from the side lobes. Although 
the speaker system may have exhibited a flat frequency response in an anechoic 
chamber, the frequency response in the room at the listener is anything but flat, with 
pronounced variations in the response. The result is the listener hears a severely 
distorted sound field that bears little resemblance to the original event," Column 2 Lines 
22 - 52. North further illustrates on-axis and off-axis frequency response "waterfall" 
plots for different speaker arrays (Figures 20 - 23). North explains, "A waterfall plot 
illustrates the sound dispersion characteristics of a speaker system by cascading the 
multiple frequency response curves of a speaker system taken at multiple angles. The 
waterfall plots of FIGS. 20 through 23 represent 10 frequency response measurements 
taken in 10-degree increments from 0 degrees (on-axis) to 90 degrees off-axis. The 
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measurement curves cascade diagonally on top of one another, starting with the 0- 
degree on-axis curve (the rearmost curve) and ending with the 90-degree off-axis curve 
(the curve at the front), Column 6 Lines 34 - 44. North further explains, "with less 
energy directed towards the room walls, floor, and ceiling, the intensity of the room 
reflections decreases. This decreases the level of sounds that echoes within the room. 
A decreased level of room reflections can also result in a flatter frequency response in a 
room as the attenuated reflected waves interfere less with the sound waves in the main 
lobe," Column 7 Lines 32 - 45. 

Thus in all cases, North illustrates (Figures 20 - 23) that the frequency response 
to the audio signal at a second point in the sound field (off-axis) is lower than the 
frequency response to the audio signal at the first point in the sound field (on-axis), 
especially Figure 22, where North illustrates that a significant reduction to off-axis sound 
energy due to increased directivity results "in a flatter frequency response in a room as 
the attenuated reflected waves interfere less with the sound waves in the main lobe," 
Column 7 Lines 32-45. 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time of the invention given the teachings of North to utilize the reduction in the effects of 
"side lobes" by using the amplitude control means by applying a window function to the 
audio signal as disclosed by Bienek to achieve a frequency response to the audio signal 
at a second point in the sound field (off-axis) that is lower than the frequency response 
to the audio signal at the first point in the sound field (on-axis) since it is beneficial to 
have a significant reduction to off-axis sound energy due to increased directivity given it 
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results "in a flatter frequency response in a room as the attenuated reflected waves 
interfere less with the sound waves in the main lobe," Column 7 Lines 32 - 45. 

Bienek and North further do not disclose passing the audio signal through a 
variable high pass filter that is adjusted to filter the audio signal such that the frequency 
response to the audio signal at the second point in the sound field is suppressed 
relative to the frequency response to the audio signal at the first point in the sound field. 
However, in line with the teachings of Bienek and North of "reducing the effects of "side 
lobes"," Bienek Page 26 Lines 20 - 25, and having "a flatter frequency response in a 
room as the attenuated reflected waves interfere less with the sound waves in the main 
lobe," North Column 7 Lines 32 - 45, Kunuqi teaches another method that does more 
than just reduce "side lobes" it eliminates the unintended sound waves at the listening 
point in the sound field while compensating for sound waves of insufficient low 
frequency level. Kunugi explains, "As is apparent from the above description, in the 
sound field correcting system according to this embodiment of the invention, a signal 
obtained by varying the frequency characteristic of the original signal so that the 
reflected sound waves are eliminated at the listening point is added to the original signal 
to obtain the loudspeaker driving signal. Therefore, the frequency characteristic at the 
listening point can be made essentially flat. Furthermore, the system is simple both in 
the adjustment required and in its construction, and it can be manufactured at a 
relatively low cost," Kunugi Column 7 Lines 35 - 45. Kunugi further improves upon the 
first embodiment and explains, "As is apparent from the above description, in 
accordance with the second embodiment of the invention, the reflected sound wave is 
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cancelled by controlling the delay and the level of the original signal, and furthermore 
the HPF having the cutoff frequency f 0 is inserted in the original signals's delay and level 
controlling system to boost the low frequency level . In this embodiment, the cutoff 
frequency f 0 of the HPF 2-9 is determined according to the sound field characteristic 
established by the direct sound L.sub.1 and the reflected sound path L 2 . However, in 
practice, the HPF 2-9 should be implemented with a variable resistor Ri, as shown in 
FIG. 1 1 , so that the cutoff frequency fo can be selected as required. In FIG. 1 1 , Ci 
designates a capacitor. According to the second embodiment of the invention, the HPF 
is used to change the frequency characteristic of the signal which is added to the 
original signal, and therefore sound waves at the listening point are remarkably 
improved in low frequency level. That is, sound waves of insufficient low frequency 
level are compensated for, with the result that the low frequency reproduction capability 
is substantially increased (Column 8 Lines 33 - 58). 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time of the invention to modify the circuit of Bienek and North , to eliminate the 
unintended sound components responsible for excess reverberation, poor channel 
separation, and irregular frequency characteristics as taught by Kunuqi (Column 3 Lines 
16-31) and further include a variable high pass filter as taught by Kunugi , allowing for 
the low frequency response level of the audio signal at the listening point to be boosted 
relative to the reflected waves at the second point which are suppressed through 
cancellation, thus improving the frequency response at the listening point of Bienek and 
North . 
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Claim 11: Bienek , North , and Kunuqi disclose the audio signal processor according to 
claim 10, wherein a sound wave from the speaker array is caused to reach at least one 
of the first and second points after it is reflected by a wall surface ( Bienek Figure 8). 

Claim 12: Bienek , North , and Kunuqi disclose the audio signal processor according to 
claim 10, wherein when forming the first and second points in the sound filter, a filter 
factor of each of the plurality of digital filters is determined by calculation and set for 
each of the plurality of digital filters ( Bienek Third Sound Field, Pages 21 - 22 and 
Figure 7C). 

Claim 13: Bienek , North , and Kunuqi disclose the audio signal processor according to 
claim 10, wherein when forming the first and second points in the sound field, a filter 
factor of each of the plurality of digital filters is read from a data base and set for each of 
the plurality of digital filters (stored sets of delays (for the DDGs) and filter coefficients 
(for the ADFS) can be recalled, Bienek Page 14 Lines 26 and 27). 

6. Claims 5-9 and 14 - 20 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Bienek , North , and Kunuqi in view of Masako et al. (JP-8-191225-A), 
hereinafter Masako . 
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Claim 5: Bienek , North , and Kunugi disclose the audio signal processing method 
according to claim 1 , but does not explicitly disclose wherein: the predetermined delay 
time set for at least one of the plurality of digital filters is divided into an integer part and 
decimal part in units of a sampling period of the audio signal; over-sampling an impulse 
response including a delay time represented by at least the decimal part of the 
predetermined delay time for a shorter period than a sampling period to provide a 
sample train and, wherein the sample train is down-sampled to provide pulse-waveform 
data of the sampling period; and factor data is set for a part to be delayed by the 
plurality of digital filters based on the pulse- waveform data. Bienek does disclose "the 
minimum delay possible for a given signal is preferably as small or smaller than Ts, that 
signal's sample period" and that "most preferably, the smallest incremental change in 
delay possible for a given digital signal should be no larger than Ts, that signal's 
sampling period. Otherwise, interpolation of the signal is necessary," Page 12 Lines 17 
- 24. Therefore Bienek does disclose a fractional delay and also discloses that a delay 
filter and an adaptive digital filter may be used. Bienek does not disclose details of how 
to perform, for example, the interpolation necessary for the fractional delays disclosed 
above and therefore one would be inclined to look elsewhere for such a teaching. 
Masako discloses the technique necessary to include a fractional delay (Figure 6 -7 
and Paragraph 29 - 33) and discloses that this technique is an effective approach when 
slight spacing differences influence the felling of the direction of perceived sound. 
Therefore, it would have been obvious to one of ordinary skill in the art at the time of the 
invention to include the process of over-sampling an impulse response and then down- 
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sampling to provide a pulse-waveform data of the sampling period as disclosed by 
Masako for setting the delay coefficients for the plurality of digital filters as disclosed by 
Bienek , North , and Kunugi , thereby providing better perceived spatial resolution. 

Claim 6: Bienek , North , Kunugi , and Masako disclose the audio signal processing 
method according to claim 5, wherein the audio signal is delayed by a part of the 
predetermined delay time, which is a multiple of the sampling period, by digital delay 
circuits which operate for the sampling period, while it is being delayed by the remainder 
of the predetermined delay time, which includes the decimal part by the digital filters 
( Bienek discloses that the delay time may be a fractional sampling period and also 
discloses cascading a delay means with adjustable digital filter means that can also 
apply delays. Therefore given the disclosure of Bienek and the teachings of Masako of 
how to calculate a finer representation of an impulse response, Bienek , North , and 
Masako disclose implementing a delay using a simple delay element and an adjustable 
digital filter for the remainder or fractional part of the delay in a two stage process as 
disclosed by Bienek ). 

Claim 7: Bienek , North , Kunugi , and Masako disclose the audio signal processing 
method according to claim 5, and wherein: an over-sampling period of the over- 
sampling operation is 1/N (N is an integer larger than or equal to 2) of the sampling 
period of the digital signal; and when the delay time represented by the decimal part is 
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nearly an integral multiple (m) of the over-sampling period, m/N is adopted as the 
decimal part (Masako, Paragraph 26). 

Claim 8: Bienek , North , Kunuqi , and Masako disclose the audio signal processing 
method according to claim 7, wherein: the pulse-waveform data to be delayed by a 
delay time which is m/N (m = 1 to N - 1) of the sampling period is pre-stored in a data 
base; and pulse-waveform data approximate to the decimal part is taken out of the 
stored pulse-waveform data and set as a filter factor of each of the plurality of digital 
filters ( Bienek , stored sets of delays (for the DDGs) and filter coefficients (for the ADFS) 
can be recalled, Page 14 Lines 26 and 27). 

Claim 9: Bienek . North , Kunuqi , and Masako disclose the audio signal processing 
method according to claim 5, wherein a transfer characteristic providing a 
predetermined acoustic effect is convoluted in the pulse-waveform data and set as a 
filter factor of each of the plurality of digital filters ("convolution multiplier", Masako , 
Paragraph 26). 

Claim 14: Bienek , North , and Kunuqi disclose the audio signal processor according to 
claim 10, wherein: the pulse-waveform provided by the calculation circuit is set as a 
filter factor of each of the plurality of digital filters (Third Sound Field, Pages 21 - 22 and 
Figure 7C) but does not explicitly disclose the predetermined delay time set for at least 
one of the plurality of digital filters is divided into an integer part and decimal part in 
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units of a sampling period of the audio signal, there is further provided a calculation 
circuit to calculate pulse-waveform data of the sampling period by over-sampling an 
impulse response including a delay time represented by at least the decimal part of the 
predetermined delay time for a shorter period than the sampling period to provide a 
sample train, and down-sampling the sample train. Bienek does disclose "the minimum 
delay possible for a given signal is preferably as small or smaller than Ts, that signal's 
sample period" and that "most preferably, the smallest incremental change in delay 
possible for a given digital signal should be no larger than Ts, that signal's sampling 
period. Otherwise, interpolation of the signal is necessary," Page 12 Lines 17-24. 
Therefore Bienek does disclose a fractional delay and also discloses that a delay filter 
and an adaptive digital filter may be used. Bienek does not disclose details of how to 
perform, for example, the interpolation necessary for the fractional delays disclosed 
above and therefore one would be inclined to look elsewhere for such a teaching. 
Masako discloses the technique necessary to include a fractional delay (Figure 6 -7 
and Paragraph 29 - 33) and discloses that this technique is an effective approach when 
slight spacing differences influence the felling of the direction of perceived sound. 
Therefore, it would have been obvious to one of ordinary skill in the art at the time of the 
invention to include the process of over-sampling an impulse response and then down- 
sampling to provide a pulse-waveform data of the sampling period as disclosed by 
Masako for setting the delay coefficients for the plurality of digital filters as disclosed by 
Bienek , North , and Kunuqi , thereby providing better perceived spatial resolution. 
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Claim 15: Bienek , North , Kunugi , and Masako disclose the audio signal processor 
according to claim 14, wherein: an over-sampling period of the over-sampling in the 
calculation circuit is 1/N (N is an integer larger than or equal to 2) of the sampling period 
of the digital signal; and when the delay time represented by the decimal part is nearly 
an integral multiple (m) of the over-sampling period, m/N is adopted as the decimal part 
( Masako , Paragraph 26). 

Claim 16: Bienek , North , Kunugi , and Masako disclose the audio signal processor 
according to claim 14, wherein a transfer characteristic providing a predetermined 
acoustic effect is convoluted in the pulse-waveform data to set synthetic-waveform data 
as a filter factor of each of the plurality of digital filters ("convolution multiplier", Masako , 
Paragraph 26). 

Claim 17: Bienek , North , and Kunugi disclose the audio signal processor according to 
claim 10, wherein: the pulse-waveform data stored in the storing means is taken out and 
set as a filter factor of each of the plurality of digital filters (stored sets of delays (for the 
DDGs) and filter coefficients (for the ADFS) can be recalled, Page 14 Lines 26 and 27) 
but does not explicitly disclose the predetermined delay time set for at least one of the 
plurality of digital filters is divided into an integer part and decimal part in units of a 
sampling period of the audio Signal; there is further provided a storing means for storing 
pulse-waveform data of the sampling period provided by over- sampling an impulse 
response including a delay time represented by at least the decimal part of the 
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predetermined delay time for a shorter period than the sampling period to provide a 
sample train, and down-sampling the sample train. Bienek does disclose "the minimum 
delay possible for a given signal is preferably as small or smaller than Ts, that signal's 
sample period" and that "most preferably, the smallest incremental change in delay 
possible for a given digital signal should be no larger than Ts, that signal's sampling 
period. Otherwise, interpolation of the signal is necessary," Page 12 Lines 17-24. 
Therefore Bienek does disclose a fractional delay and also discloses that a delay filter 
and an adaptive digital filter may be used. Bienek does not disclose details of how to 
perform, for example, the interpolation necessary for the fractional delays disclosed 
above and therefore one would be inclined to look elsewhere for such a teaching. 
Masako discloses the technique necessary to include a fractional delay (Figure 6 -7 
and Paragraph 29 - 33) and discloses that this technique is an effective approach when 
slight spacing differences influence the felling of the direction of perceived sound. 
Therefore, it would have been obvious to one of ordinary skill in the art at the time of the 
invention to include the process of over-sampling an impulse response and then down- 
sampling to provide a pulse-waveform data of the sampling period as disclosed by 
Masako for setting the delay coefficients for the plurality of digital filters as disclosed by 
Bienek . North , and Kunuqi . thereby providing better perceived spatial resolution. 

Claim 18: Bienek . North . Kunuqi , and Masako disclose the audio signal processor 
according to claim 17, wherein: an over-sampling period of the over-sampling is 1/N (N 
is an integer larger than or equal to 2) of the sampling period of the digital signal; and 
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when the delay time represented by the decimal part is nearly an integral multiple (m) of 
the over-sampling period, m/N is adopted as the decimal part (Masako, Paragraph 26). 

Claim 19: Bienek , North , Kunuqi , and Masako disclose the audio signal processor 
according to claim 17, wherein: a plurality of the pulse-waveform data corresponding to 
the decimal part is pre-stored in the storing means; and pulse-waveform data 
approximate to the decimal part is taken out of the stored pulse-waveform data and set 
as a filter factor of each of the plurality of digital filters ( Bienek , stored sets of delays (for 
the DDGs) and filter coefficients (for the ADFS) can be recalled, Page 14 Lines 26 and 
27). 

Claim 20: Bienek . North , Kunuqi , and Masako disclose the audio signal processor 
according to claim 17, wherein a transfer characteristic providing a predetermined 
acoustic effect is convoluted in the pulse-waveform data to set the pulse-waveform data 
as a filter factor of each of the plurality of digital filters ("convolution multiplier", Masako , 
Paragraph 26). 

Response to Arguments 

7. Applicant's arguments with respect to claims 1 - 20 have been considered but 
are moot in view of the new ground(s) of rejection in view of Kunugi et al. (US 
4,868,878). 
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Conclusion 

8. Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to Joseph Saunders whose telephone number is (571) 
270-1063. The examiner can normally be reached on Monday - Thursday, 9:00 a.m. - 
4:00 p.m., EST. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Vivian Chin can be reached on (571) 272-7848. The fax phone number for 
the organization where this application or proceeding is assigned is 571-273-8300. 

Information regarding the status of an application may be obtained from the 
Patent Application Information Retrieval (PAIR) system. Status information for 
published applications may be obtained from either Private PAIR or Public PAIR. 
Status information for unpublished applications is available through Private PAIR only. 
For more information about the PAIR system, see http://pair-direct.uspto.gov. Should 
you have questions on access to the Private PAIR system, contact the Electronic 
Business Center (EBC) at 866-217-9197 (toll-free). If you would like assistance from a 
USPTO Customer Service Representative or access to the automated information 
system, call 800-786-9199 (IN USA OR CANADA) or 571-272-1000. 
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